Almost 30 years have elapsed since President Georges Pompidou proposed to Pierre Boulez the idea of creating a musical research institute that would be associated with the future Center for Contemporary Art in Paris, which later became the Centre Georges Pompidou. Since then, IRCAM has developed its activities while following the goals defined at the outset: to be a place where composers, scientists, and engineers participate together in the renewal of contemporary music, while developing new knowledge and technologies related to musical composition, performance, and listening.
In 1991, Laurent Bayle succeeded Pierre Boulez as the head of IRCAM. One of his main concerns has been, together with setting up an efficient organization, to counterbalance a trend toward isolationism (which could have easily resulted from the specificity of IRCAM's artistic and scientific content) by affirming IRCAM's role in society and by developing links to various types of public communities and fields of activity. This has been accomplished through greater interaction between IRCAM's two main poles of activity: musical production and research and development.
The education department was set up under the direction of Jean-Baptiste Barrière and later MarieHélène Serra; it currently offers various types of courses, including a one-year composition course, two nationally recognized graduate courses, a summer academy, weekend training sessions on IRCAM software, workshops for children, and so forth. The IRCAM Forum, part of the marketing department headed by Vincent Puig and managed by Andrew Gerzso, was created in 1993 as a user group giving access to IRCAM software and various related services on a yearly subscription basis. The multimedia library, headed by Michael Fingerhut and officially opened in June 1996, gives access to a large set of documents centered around contemporary music: books, scores, digitized texts, photos, concert recordings, videos, CDROMs, and so forth.
This trend toward eclecticism at IRCAM has been illustrated by the evolution of musical projects as a result of Risto Nieminen's, and then Eric de Visscher's, artistic direction. They have both been involved in developing exchanges with other art forms such as cinema, dance, opera, and multimedia, while continuing to promote a culture of live musical performance that combines instruments and electronic parts, as opposed to pure tape music.
This article focuses on the research and development activities at IRCAM, and aims at giving an overview of all of its projects, presenting the general framework in which they operate. These activities take place in IRCAM's research and development department, which has in the past been successively directed by Jean-François Allouis (1987 , Jean-Pascal Jullien (1991 -1994 , and myself (since 1994).
General Context of Research and Development Activities at IRCAM
One main feature of IRCAM's research and development activities is the combining of scientific research related to music with technological developments, mainly software-oriented, that aim at providing composers with new creative tools. All research fields, including acoustics, psychoacoustics, digital signal processing, and various kinds of computer science, contribute to our developing knowledge and models related to various aspects of music production. These models are then integrated into software tools with dedicated graphical interfaces that are mainly delivered as open environments and languages, so that they can be configured and adapted according to various compositional needs and aesthetics. Modularity of design is also a central concern, since it enables, together with better software maintenance, to integrate new models as soon as they are available from research. Since 1993, the development of the IRCAM Software Users' Forum has had dramatic consequences on our software development, which has evolved from personal projects to a collective production activity. With two new releases each year, the forum currently delivers half a dozen different compositional environments to a community of nearly 1,000 users. The Apple Macintosh has been the main target of software development in the past decade, although when higher performance is required, high-end workstations such as the IRCAM Signal Processing Workstation (ISPW) or, more recently, workstations from Silicon Graphics, Inc. have been used. We are also taking into account the PC world more and more, both with Windows and Linux operating systems.
In the past, there was much emphasis on specific development projects, such as the ISPW, whereas fewer resources were allocated to other projects. The trend at IRCAM in recent years has been, on the contrary, to find equilibrium between projects. We assume that there cannot be a single approach for renewing musical expression, and that greater richness can be globally achieved by developing and supporting several different approaches in parallel, while taking care of the way they communicate with each other for the sake of global coherence.
Significant growth of research activities over the past years has been made possible by a systematic transfer of technologies and methodologies to the industry, coordinated by Vincent Puig, in various fields such as telecommunications, the automobile industry, audio production, multimedia entertainment, and on-line music distribution. Nevertheless, contributing to musical production remains the main raison d'être of all research and development activities at IRCAM, and different forms of communication and collaboration between researchers and musicians are defined and constantly adapted to various situations.
Each scientific field at IRCAM is covered by a specialized team that handles both research and development projects related to that field, so that the transfer from research to development is operated smoothly and continuously. The following paragraphs sum up the main features of recent work related to each of the fields.
Acoustics
As expressed in IRCAM's name, research in acoustics has been an integral part of IRCAM's activity since the beginning. Current research is divided into instrumental acoustics and room acoustics.
Instrumental Acoustics
This research, headed by René Caussé, studies the behavior of musical instruments, including oscillation, resonance, and radiation, from the viewpoint of acoustical modeling. Various families of instruments and excitations have been studied over the years, including brass instruments (Caussé, Kergomard, and Lurton 1984) , clarinet (Maganza, Caussé, and Laloë 1986) , bowed strings (Weinreich and Caussé 1991) , recorder-like instruments (Verge et al. 1994) , and piano, both in relation to the tuning of trichords following G. Weinreich's work (Marandas, Caussé, and Gibiat 1995) and to the piano's radiation (Dérogis and Caussé 1995) . Recent work also includes the study of nonlinearity in the trombone at high intensities (Hirschberg et al. 1996) .
This expertise has been applied to enhancing existing instruments, and has led to the construction of a quarter-tone flute, a wah-wah mute for the horn, and a tunable clarinet embouchure, controlled by a foot pedal, that enables the production of continuous pitch variations and microtonal intervals without requiring special fingerings.
One main application of this research for composers is physical-modeling synthesis. The team has developed an original approach based on modal synthesis, initiated by Jean-Marie Adrien (Adrien 1991) , that led to the Mosaic environment (Morrison and Adrien 1993) , later renamed Modalys (Eckel, Iovino, and Caussé 1995; Iovino, Caussé, and Dudas 1997) . As a modular environment that enables the user to build virtual instruments by assembling various objects coupled with various kinds of interactions, while enabling direct control of the sound components through the modal representation, Modalys can produce sounds that cannot be easily obtained with other synthesis techniques. Current and future work includes the integration of new objects, interactions, and modal data; the development of dedicated graphical interfaces (Polfreman 1997) ; and realtime implementation using the jMax environment (Déchelle et al. 1999) .
Room Acoustics
The room-acoustics team was created more recently, and has been successively headed by JeanPascal Jullien and Olivier Warusfel, the latter assisted by Jean-Marc Jot.
One of the team's research fields has been predictive acoustics. In relation to architectural design, the predictive computation of impulse responses is obtained from the data of the room's geometry and construction materials (Warusfel 1995, Warusfel and Cruz 1995) . This expertise was applied to the design and enhancement of concert halls, such as the Cité de la Musique and Opéra Bastille in Paris.
Another topic of interest for composers that has received much attention over the recent years is related to the simulated spatialization of sound sources. This work is a result of combined studies of artificial reverberation (Jot 1992 ) and perception of the acoustical quality of concert halls. The process identifies a set of perceptually independent parameters, then uses them for controlling simulation (Jullien 1995; Kahle and Jullien 1995) . One appealing feature of this approach is that, unlike commercially available reverberators, it combines the simulation of source localization and room effect. The spatialization effect can be specified independently of the reproduction system so that, for example, multiloudspeaker spatialization done in a concert can be automatically transcoded into transaural or 5.1 formats for a CD or film production. This research led to the Spatialisateur, also known as the Spat (Jullien and Warusfel 1994; Jot 1997) , a modular, real-time spatialization environment based on the ISPW, which later became available in the Max/MSP and jMax environments. The Spat has been used by many composers, both for studio effects and in concert, and has found many applications in other areas such as audio post-production, telecommunications, the automobile industry, and virtual-reality installations. Recent work has been dedicated to the implementation and enhancement of various reproduction formats, including intensity panning, binaural, transaural, Ambisonics, and new features such as source directivity and orientation, and connections between predictive acoustics and simulation tools (Jot, Larcher, and Warusfel 1995; Jot, Cerveau, and Warusfel 1997) . Future work will also be oriented toward radiation synthesis by means of composite electroacoustic sources (Warusfel, Dérogis, and Caussé 1997) , including the simulation of instrument-radiation patterns and perceptive studies on source radiation.
Music Perception and Cognition
Research conducted by Steve McAdams aims at understanding the mental representation and the computational processes that intervene, at various levels, in music listening. The subject of the studies ranges from perceptual processes, closely related to physiology, to cognitive processes (McAdams 1989b, McAdams and Bigand 1993) , whose features include, but are not limited to, culture-dependent factors. The overall approach relies on the methodological framework of experimental psychology, statistical analysis, and computerbased modeling, which progressively build models of audition that account for phenomena of growing complexity by setting up experiments that rely on more and more complex stimuli.
Much work has been dedicated in the past to the study of auditory organization processes, which are divided into sequential and simultaneous orga-nization. Sequential organization refers to the way we group successive events into coherent flows (Beauvois and Meddis 1997) , whereas simultaneous organization refers to the way our perception fuses acoustic components into a single source or segregates them into different ones (de Cheveigné, McAdams, Laroche, and Rosenberg 1995; Marin and McAdams 1996; McAdams 1989a) .
Studies on timbre perception from many different viewpoints make up a significant part of recent work done at IRCAM (McAdams and Cunibile 1992; McAdams 1999). Guest researcher Susan Winsberg's expertise in statistical analysis led to multidimensional scaling methods de Soete 1993, 1997 ) that were adapted to the analysis of timbre spaces from experiments based on similarity judgements . These methods have been applied to the study of the acoustical quality of nonmusical sources in various fields of activity such as the automobile industry and public transport (Susini, McAdams, and Winsberg 1999) . The resulting quantitative similarity factors between different timbres were also used in the framework of the Studio Online project for computing a perceptual distance that was used for content-based retrieval in an audiosample database, related to earlier work (Keislar et al. 1995; Misdariis et al. 1998) . Timbre perception also has been studied in relation to the geometrical parameters of acoustic sources (Lakatos, McAdams, and Caussé 1997) . Current and future research, together with the refinement of procedures developed for timbre perception, aim more and more at investigating the cognitive processes involved in the perception of musical structures (Pressnitzer et al. 1999 ).
Sound Analysis and Synthesis
Digital audio synthesis and processing and their related techniques have represented a major field of interest for contemporary composers since the very beginning of computer music, and they have constantly been refined over the years. The analysis/synthesis team at IRCAM, headed by Xavier Rodet and assisted by Philippe Depalle, started by developing an expertise in voice synthesis, including both synthesis algorithms (Galas and Rodet 1990) , the well-known Chant synthesizer (Rodet, Potard, and Barrière 1984) , and rule-based systems for synthesis control (Rodet and Delatre 1979; Cointe and Rodet 1984; Bennett and Rodet 1988) .
This work has been extended to the design of various synthesis techniques that are based on a general analysis/synthesis framework, including: (1) parametric synthesis models, each of which is able to produce certain classes of sounds according to the values of a set of input parameters; (2) analysis models, whenever inversion of the synthesis is possible, that produce associated sets of parameters over time from real-world signals; and (3) control systems, based on graphical or gestural interfaces and on sets of "performance" rules for synthesis parameters, which ensure the consistency of the resulting synthesis. Sound processing associated with a given model can then be obtained through successive stages of analysis, modification of the resulting analysis parameters through adapted control, and resynthesis using the new set of parameters.
During recent years, much emphasis has been put on signal models, such as the phase vocoder and the sinusoidal model (Rodet 1997) , for which efficient synthesis (Rodet and Depalle 1992; Freed, Rodet, and Depalle 1993) and analysis (Rodet and Doval 1991; Depalle, Garcia, and Rodet 1993) procedures were developed. This expertise was applied to the creation of a castrato voice (Depalle, Garcia, and Rodet 1995) for the film Farinelli. It also led to the development of sound-editing environments with graphical interfaces, such as the popular AudioSculpt program (based on the SVP phase vocoder), which provides time-frequency editing features controlled by graphic manipulations of the short-time Fourier transform (STFT) sonogram. Diphone, a more recent development, is a synthesis-control environment based on a technique developed for speech synthesis that enables the user to build musical phrases from the concatenation of elementary fragments, with possible control of various synthesis models such as additive synthesis and Chant (Rodet and Lefèvre 1997) . Recent work related to signal models includes re-finements of analysis procedures and new approaches based on the extension of existing techniques such as wavelet analysis (Gribonval et al. 1996) , pitch-synchronous methods (Peeters and Rodet 1998) , and statistical models (Dubnov and Rodet 1997) . On the other hand, exploration of physical models has been done using the statevariable formalism (Depalle and Tassart 1995) , with original implementations of fractional delays (Tassart and Depalle 1997) , and from the viewpoint of nonlinear dynamic systems (Rodet and Vergez 1999a, 1999b , both in this issue). Current and future work includes the enhancement and better availability of signal models in compositional environments; applications of signal models to automatic segmentation, and the structuring of audio signals for automated search in audio databases, "new interfaces," and rule-based systems for synthesis control.
Real-Time Systems
IRCAM has been a pioneer in designing real-time systems for live interaction between performers and computers. Its main related achievements are the 4X Gerzso 1981, 1986; Favreau 1986 ) and the IRCAM Musical Workstation (Lindemann 1991) , better known as the ISPW, based on the NeXT computer with specialized DSP boards that were manufactured and distributed by Ariel Corporation. Miller Puckette's Max software, formerly Patcher (Puckette 1988) , has been the main application used for programming and controlling real-time algorithms on the ISPW, while the Apple Macintosh version of Max was licensed to Opcode Systems, Inc. and further developed by David Zicarelli with MSP, an ISPW-compatible DSP library. This Macintosh version has been marketed worldwide, with sales in the thousands, and has since become a milestone in the design of interactive systems, not only in the field of music.
Dozens of composers have used the ISPW at IRCAM and elsewhere for pieces that combine real-time MIDI and digital audio processing. Standard synthesis and processing features have been offered, as well as original developments such as the Spatialisateur library (Jot 1997) , phase-alignedformant-synthesis objects (Puckette 1995) , and various modules that perform pitch following and score recognition (Vercoe and Puckette 1985) . The latest developments related to pitch following and score recognition were done for Philippe Manoury's En Echo for solo soprano and electronics (1993), and Pierre Boulez's Anthème 2 for solo violin and electronics (1997) .
Since the hardware associated with the ISPW has recently become obsolete, the main goal of recent development, conducted by François Déchelle, has been a software-only solution, compatible with the ISPW patches, that can run on standard desktop computers and that can guarantee continuity for existing pieces while building a foundation for future developments. This work has led to the jMax environment (Déchelle et al. 1998 (Déchelle et al. , 1999 , which is totally compatible with the ISPW and represents a kind of optimal solution in terms of cross-platform capabilities, while being based on a software design that allows the use of modern operating-system features such as symmetric multiprocessing and preemptive multithreading.
Current and future developments include new musical applications such as additive analysis/synthesis, physical-modeling synthesis techniques such as Modalys (Iovino, Caussé, and Dudas 1997) and nonlinear systems (Rodet and Vergez 1999) , and new score-recognition algorithms and editors that combine different strategies but are not limited to a note-by-note pitch detection. A basic version of the environment for various platforms is available for free download from http:// www.ircam.fr/jMax.
Computer-Aided Composition
The musical representation team at IRCAM, headed by Gérard Assayag, aims at developing computer-aided composition (CAC) tools, that is, software environments that enable the formalization and computation of musical structures, mainly in the context of instrumental composition. Despite earlier contributions in the field of formalized mu-sic by composers and researchers such as Iannis Xenakis (Xenakis 1992), Alfred Lehrdal (Lehrdal and Jackendoff 1985; Lehrdal and Potard 1986) , Pierre Barbaud (Barbaud 1971) , David Cope, and André Riotte, the structuring of related research in the form of software tools available for composers is relatively recent at IRCAM, and has yielded two successive generations of CAC environments based on visual programming techniques: PatchWork, developed in collaboration with Mikael Laurson (Laurson 1996) and several composers, and OpenMusic (Assayag, Fineberg, and Hanappe 1997), IRCAM's latest CAC environment. The history and the detailed features of these projects are presented elsewhere in this issue (Agon et al. 1999) .
Since the time it became available, PatchWork has been adopted by numerous composers, and it is hoped that OpenMusic, a new framework with a significantly increased expressiveness, will answer future needs. Two of the most innovative features are the extension of the visual programming aspects and the possibility of representing musical forms through a sophisticated sketch editor. Future developments in OpenMusic include the representation and manipulation of temporal structures, tighter integration of constraints, new libraries for synthesis control, and automated assistance for orchestration.
Studio Online
As can be seen over the last 15 years, with the development of microcomputers and graphical interfaces, computer music applications have always closely followed and taken advantage of the evolution of the computer industry. Similarly, the Studio Online project, headed by Guillaume Ballet at IRCAM and funded in the context of the French Ministry of Industry's calls for Information Highways, explores new possibilities in the field of music production related to what could be a new generation of computing based on network connectivity and on a new distribution of programs and data between clients and servers.
The first kind of proposed service is an audiosample database that takes advantage of global access to all samples (as opposed to the usual CD-ROM distribution) by providing high-level search features including content-based retrieval and access to multiphonics from main salient pitches of samples. The database content itself results from a two-year recording campaign, under the artistic direction of Joshua Fineberg and then Fabien Lévy, that produced samples of extensive contemporary playing modes of 16 instruments of the orchestra performed by international soloists, all recorded in 24 bits at 48 kHz through six different microphones, yielding approximately 114,000 different sounds, and occupying 130 GB.
The second service is a library of processes that can be applied to database samples or to sounds uploaded by the user through the network. These processes do not fundamentally offer more features than those proposed in existing microcomputer applications, but their main advantage lies in that they are available through an integrated environment from any low-cost, Java-compliant terminal with a Web browser, while providing new possibilities for nonexpert users. The project architecture (Wöhrmann 1999) , and in particular the use of the CORBA IIOP protocol coupled with a Java graphical interface, has made Studio Online a real client/ server application on top of the Internet protocols. The main difficulty experienced in using Studio Online has been related to Internet's low bit rate, whereas access using IRCAM's Intranet through a 10-Mbit/sec Ethernet LAN was quiet acceptable. Future developments may include domestic and educational applications using ADSL connections, real-time audio-sample streaming, extension of the existing database, creation of new search procedures, and new audio processes.
